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(54) Variable rate speech coding method and decoding method 



(57) In a variable rate speech coding method for a 
CELP speech coding system, an adaptive sound source 
vector and a first noise source vector are selected from 
a sound source code book and a noise source code 
book so that a first synthesized speech signal is 
obtained which has a minimum distortion relative to an 
input speech signal. A virtual reference speech signal is 
generated using a sound source signal which is pro- 
duced using the adaptive sound source vector. A sec- 
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ond noise source vector corresponding to the adaptive 
sound source vector is selected so that a second syn- 
thesized speech signal is obtained which has a mini- 
mum distortion relative to the virtual reference speech 
signal. The sending of a noise source code book index 
corresponding to the first noise source vector is sus- 
pended according to the quality of the second synthe- 
sized speech signal. 
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Description 

BACKGROUND OF THE INVENTION 
5 Field of the Invention 

The present invention relates generally to a radio communication system employing as a line multiplexing system 
a CDMA (Code Division Multiple Access) system which allows more ease in variable rate transmission than other 
speech coding systems for transmission and storage of speech information and a radio/wire communication system uti- 
10 lizing an ATM (Asynchronous Transfer Mode) switching system. More particularly, the invention pertains to a variable 
rate speech coding method and decoding method for storage of speech information, for instance, which are based on 
a CELP (Code Excited Linear Prediction) speech coding method and control whether or not to send sound source infor- 
mation parameters, thereby making the coding rate variable. 

is Description of the Prior Art 

V 

As one of conventional variable rate speech coding methods based on the CELP speech coding method, there is 
disclosed in Japanese Pat. Laid-Open Gazette No. 36495/95 a method that decides whether or not to transmit a sound 
source signal for each frame, thereby making its coding rate variable. Fig. 9 shows the coding procedure of each frame 

20 according to the conventional variable rate speech coding method. This coding procedure is carried out for each frame 
of a speech signal. That is, upon completion of the coding of the previous frame, the speech signal of the next frame is 
input and its coding starts with step SP1. In a linear prediction (hereinafter referred to simply as LP) analysis step SP2, 
an LP analysis of the speech signal is made to extract the speech signal of the current frame as an LP parameter rep- 
resenting spectrum information. Incidentally, the LP parameter is coded separately to be sent. 

25 In the next sound source code book search step SP3. an adaptive sound source vector and a noise source vector 

are chosen so that a synthesized speech signal is obtained with a minimum distortion relative to the input speech sig- 
nal. This is implemented by the use of an A-b-S (Analysis by Synthesis) method which, based on stored previous drive 
sound source vectors, selects an optimum combination of outputs from an adaptive sound source code book and a 
noise source code book that will minimize the distortion of the synthesized speech signal relative to the input speech 

30 signal of the current frame that is a reference speech signal. The input speech signal is obtained by adding together the 
adaptive and noise vectors and input into a synthesis filter which is constructed using a quantized version of the LP 
parameter obtained in step SP2 and from which the above-mentioned synthesized speech signal is output. 

The adaptive sound source code book is one that outputs an adaptive sound source vector repeating the sound 
source signal at intervals of its the pitch period. The noise source code book stores and selectively outputs plural noise 

35 source vectors generated, for example, from random noise in a sequential order. Either code book holds therein a nor- 
malized version of the gain of the sound source in time sequence. Although the gain is usually computed separately 
and added to the sound source vector prior to transmission in coded form, the following description will be given on the 
assumption that each sound source vector contains the sound source gain. With the use of the A-b-S method, the syn- 
thesized speech signal is produced at the same time as the optimum combination of the adaptive sound source vector 

40 and the noise source vector is obtained. 

In the next step SP4, a signal generated using only the adaptive sound source vector selected in SP3 is input into 
the same synthesis filter as in step SP3 to obtain therefrom a synthesized signal. 

In the next step SP5, the synthesized speech signal quality is compared with a threshold value to decide whether 
or not to send a noise sound source code book index. By this, the variable coding rate is implemented. Step SP5 is com- 

45 posed of an SN ratio computing step SP5a of computing the SN ratio of a virtual synthesized speech signal relative to 
the input speech, a threshold value comparison step SP5b of comparing the computed SN ratio with a preset threshold 
value, a transmission suspending step SP5c of suspending the transmission of only the noise source code book index 
when it is judged in step SP5b that speech quality above the threshold value could be obtained even if the noise source 
code book index is not used, and an ordinary transmission step SP5d of transmitting all code book indexes. 

so Upon completion of the code transmission of the current frame in step SP5, the coding procedure of the frame is 

finished in step SP6 and the coding process for the next frame is started again with step SP1 . In this way, the coding 
procedure is repeated for all the frames of the speech signal. 

Incidentally, in the variable rate speech coding apparatus of the aforementioned Japanese Pat. Laid-Open gazette, 
even for synthesized speech obtained using the noise source vector alone, the transmission of the adaptive sound 

55 source code book index is suspended according to the result of an evaluation with the threshold value similar to the 
described above. Since the input speech period over which the above processing is performed is limited substantially 
to a silent duration during which no periodic information is generated, however, the processing does not contribute to 
improving the speech quality during a voiced steady-state period of speech. 
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The adaptive sound source code book in the CELP speech coding system has a role representing a periodic struc- 
ture of speech based on its pitch period, whereas the noise source code book uses a noise component to compensate 
for a component that cannot fully be represented by the adaptive code book, that is, the remainder of the sound source 
information except periodic components. With the use of a sound source signal that is generated by adding together 

5 such components, it is possible to enhance reproducibility of an encoded sound source signal, permitting the genera- 
tion of high quality synthesized speech. 

With the variable rate speech coding method described above in respect of Fig. 9, only the adaptive code book 
index is transmitted but the noise source code book index is normally restrained from transmission during a period with 
practically no periodicity of speech as in the case of the voiced steady- state period of speech. As referred to above, 

io however, the noise source vector has the function of supplementing the periodic structure that cannot sufficiently be 
represented solely by the adaptive sound source vector. Without any noise source vector, the representation of the peri- 
odic structure would be insufficient, giving rise to a problem that the speech or tone quality in the voiced steady-state 
period of speech is seriously deteriorated as compared with the speech quality when the synthesized speech is created 
by superimposing both the vectors one on the other. 

75 With the method of the conventional apparatus with no structure for separately transmitting additional information, 
it is difficult to improve the speech quality in the input speech period during which the noise code book index is not trans- 
mitted but only the adaptive code book index is transmitted as mentioned above- 
Moreover, the variable rate speech coding method of Fig. 9 computes the SN ratio of the synthesized speech based 
only on the adaptive sound source vector relative to the input speech signal in the concerned frame and compares the 

20 SN ratio with a preset threshold value to determine whether the noise code book index is to be transmitted or not. In the 
CELP speech coding system, however, coding is usually performed using a distortion minimizing standard for each 
frame, and consequently, the SN ratio of the synthesized speech signal greatly varies from frame to frame. Hence, with 
the criterion of judgement using the fixed threshold value, there are both cases where a code book index is transmitted 
and where it is not transmitted in accordance with the frame, depending on the SN ratio of the synthesized speech sig- 

25 nal, for example, even during the steady-state period of speech-this results in the synthesized speech becoming unsta- 
ble. 

SUMMARY OF THE INVENTION 

30 It is therefore an object of the present invention to provide a variable rate speech coding method which is capable 
of improving the speech quality without impairing the coding efficiency and precludes the possibility of the output syn- 
thesized speech becoming unstable even in the input speech period during which only the adaptive code book index is 
transmitted. 

Another object of the present invention is to provide a variable rate speech decoding method for use with the above 
35 coding method. 

According to a first aspect of the present invention for attaining the above-mentioned objects, there is provided a 
variable rate speech coding method for the CELP speech coding system which has an adaptive sound source code 
book for storing an adaptive sound source vector repeating sound source signals of previous frames at intervals of a 
pitch period and a noise source code book for storing noise source vectors, the method comprising the steps of: select- 

40 ing and outputting the adaptive sound source vector and a first noise source vector from the adaptive sound source 
code book and the noise source code book so that a first synthesized speech signal with a minimum distortion relative 
to an input speech signal is obtained; synthesizing a virtual reference speech signal by using a sound source signal 
generated from the adaptive sound source vector; selecting a second noise source vector corresponding to the adap- 
tive sound source vector so that a second synthesized speech signal with a minimum distortion relative to the virtual 

45 reference signal is obtained; and suspending the sending of a noise source code book index corresponding to the first 
noise source vector according to the quality of the second synthesized speech signal. With this variable rate speech 
coding method, even when the noise source code book index is not sent, the decoding side is capable of selecting and 
using a noise source vector common to that used at the coding side; hence it is possible to implement coding without 
serious degradation of speech quality. 

so According to a second aspect of the present invention, the step of suspending the sending of the noise source code 

book index comprises the steps of: converting the speech quality of each of the first and second synthesized speech 
signals and the virtual reference speech signal into a numerical representation relative to the input speech signal; cal- 
culating a threshold value for comparison through utilization of the speech quality of the first synthesized speech signal 
and the computed virtual reference speech signal; comparing the second synthesized speech signal with the threshold 

55 value; and deciding whether or not to send the noise source code book index corresponding to the first noise source 
vector according to the result of the comparison. With this configuration, since the threshold value varies with the quality 
of the synthesized speech signal for each frame, it is possible to more stably decide whether or not to send the code 
book index than in case of holding the threshold value unchanged as in the prior art. 
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According to a third aspect of the present invention, there is provided a variable rate speech decoding method for 
the CELP speech decoding system which has an adaptive sound source code book for storing an adaptive sound 
source vector repeating sound source signals of previous frames at intervals of a pitch period and a noise source code 
book for storing noise source vectors, the method comprising the steps of: generating a first synthesized speech signal 

5 from a sound source generated using both of an adaptive sound source vector and a noise source vector corresponding 
to an adaptive sound source code book index and a noise source code book index when they are contained in a 
received signal sequence; synthesizing a virtual reference speech signal from a sound source generated using the 
adaptive sound source vector corresponding to the adaptive sound source code book index when the noise source 
code book index is not contained in the received signal sequence; and selecting a noise source vector corresponding 

10 to an adaptive sound source vector indicated by the received adaptive sound source code book index so that a synthe- 
sized speech signal with a minimum distortion relative to the virtual reference speech signal is obtained, and outputting 
a second synthesized speech signal produced based on the result of the selection. With this method, even when the 
noise source code book index is not received, the decoding side can select and use the noise source vector common 
to that used at the coding side; hence, it is possible to implement decoding without serious degradation of the speech 

15 quality. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Other objects, features and advantages of the present invention will become more apparent from the following 
20 description taken in conjunction with the accompanying drawings, in which: 

Fig. 1 is a flowchart showing the procedure of a variable rate speech coding method according to a first embodi- 
ment of the present invention; 

Fig. 2 is a block diagram for explaining the signal flow in variable rate speech coding method of Fig. 1 ; 
25 Fig. 3 is a waveform diagram showing an input speech signal; 

Fig. 4 is a waveform diagram showing a first synthesized speech signal; 
Fig. 5 is a waveform diagram showing a virtual reference speech signal; 
Fig. 6 is a waveform showing a second synthesized speech signal; 

Fig. 7 is a flowchart illustrating the procedure of a variable rate speech decoding method according to a second 
30 embodiment of the present invention; 

Fig. 8 is a block diagram for explaining the signal flow in the variable rate speech decoding method of Fig. 7; and 
Fig. 9 is a flowchart showing the procedure of a conventional variable rate speech coding method. 

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 

35 

A detailed description will be given, with reference to the accompanying drawings, of preferred embodiments of the 
present invention. 

[Embodiment 1] 

40 

Fig. 1 is a flowchart showing the procedure of a first embodiment (Embodiment 1 ) of the variable rate speech cod- 
ing method according to the present invention. Embodiment 1 differs from the aforementioned prior art example of Fig. 
9 in the inclusion of a second sound source code book search step SP14 and a code word sending line select step 
SP15. Step SP14 performs processing of selecting a second noise source vector corresponding to the adaptive sound 

45 source vector so that a second synthesized speech signal is obtained with a minimum distortion relative to a virtual ref- 
erence speech signal. Step SP15 performs processing of deciding whether or not to send an index corresponding to a 
first noise source vector according to the quality of the second synthesized speech signal. 

The code word sending line select step SP15 is compose of a synthesized speech quality converting step SP15a, 
a threshold calculating step SP15b, a threshold value comparison step SP15c, a transmission suspending step SP15d 

so and an ordinary transmission step SP15e. Incidentally, the LP analysis step SP1 1 , the sound source code book search 
step SP12 and the virtual reference speech signal synthesize step SP13 are the same as those used in the conven- 
tional variable rate speech coding method of Fig. 9, and hence they will be referred to in brief in the following descrip- 
tion. 

With the variable rate speech coding method, the coding procedure is carried out for each frame of the speech sig- 
55 nal. That is, upon completion of the coding of the previous frame, the speech signal of the next frame is input and its 
coding starts with step SP10, followed by the LP analysis step SP11, the sound source code book search step SP12 
and the virtual reference speech signal synthesize step SP13. 

These steps are executed in the same manner as in the prior art. In the LP analysis step SP1 1 an LP parameter is 
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provided. In the next sound source code book search step SP12, an adaptive sound source vector and a noise source 
vector are selected so that a first synthesized speech signal is obtained with a minimum distortion relative to a reference 
speech signal as the input speech signal, and the selected vectors are provided together with the first synthesized 
speech signal. In the virtual reference speech signal synthesize step SP13 a virtual reference speech signal is created. 

5 Thereafter, the second sound source code book search step SP14 is performed. In this step the noise source vec- 

tor is selected again so that a second synthesized speech signal is obtained with a minimum distortion relative to the 
above-mentioned virtual synthesized speech signal. That is, a noise source vector, which makes an optimum combina- 
tion with the adaptive sound source vector obtained in the sound source code book search step SP12, is selected by 
the aforementioned A-b-S method, as a second noise source vector, so as to minimize the distortion of the second syn- 

10 thesized speech signal relative to the virtual reference speech signal created in the virtual speech signal synthesize 
step SP13, and the second synthesized speech signal is output. 

In Embodiment 1 , the first noise source vector obtained in the sound source code book search step SP12 is sent 
to the decoding side, but the second noise source vector is not sent, and hence it need not be output in the second 
sound source code book search step SP14. 

15 Next, it is decided in the code word sending line select step SP 15 whether or not to send the first noise source vec- 
tor. This process begins with the synthesized speech signal quality converting step SP15a, wherein the speech quality 
of each of the first and second synthesized speech signals and the virtual speech signal is computed in numerical form 
by comparison with the input speech signal of the current frame. In this example the SN ratio of each synthesized 
speech signal with respect to the input speech signal is used as the numerical value. 

20 After the synthesized speech quality converting step SPt5a, the SN ratio of each synthesized speech signal is 
used to compute a threshold value for decision in the threshold value computing step 1 5b. In this example, the threshold 
value is calculated using a prepared algorithm as described below. The algorithm in Embodiment 1 can be implemented 
using a scheme that formulates statistical properties (mean, variance) of the SN ratios of the first and second synthe- 
sized speech signals and the virtual reference speech signal relative to the input speech signal by using data in large 

25 quantities. 



Table 1 





1st synthesized speech 


2nd synthesized speech 


Virtual reference speech 




signal quality 


signal quality 


signal quality 


Mean (dB) 


11.8 


9.32 


8.79 


Variance (dB) 


7.22 


7.40 


7.43 



35 

This table shows examples of the mean and variance of the SN ratios of the first and second synthesized speech 
signals and the virtual reference signal relative to the input speech signal for each of about 6,000 frames of five sen- 
tences read by each of male and female speakers in experiments conducted with a variable rate speech coding appa- 
ratus embodying the method of this embodiment. As is evident from the table, the mean value of the SN ratio of the 

40 second synthesized speech signal takes a value that divides internally the mean values of the first synthesized speech 
signal and the virtual reference signal in a ratio of 8:2 or so and the same goes for the variance. 

Since the signals are nearly equal in the variance of the SN ratio, the internal ratio of variance can be used as the 
reference for computing the threshold value. That is, the SN ratios of the first and second synthesized speech signals 
and the virtual reference signal relative to the input speech signal are calculated and the value at the point of internally 

45 dividing the SN ratios in a certain fixed ratio (8:2 or so in the example shown in Table 1) is calculated as the threshold 
value. 

In the threshold comparison step SP15c comparison is made between the threshold value computed as described 
above and the SN ratio of the second synthesized speech signal. When the SN ratio of the second synthesized speech 
signal is above the threshold value, the transmission suspending step 15d is executed to suspend the transmission of 

so the first noise source vector. When the SN ratio of the second synthesized speech signal is below the threshold value, 
step SP15e is executed to transmit the first noise source vector as usual. As is statistically evident from Table 1 . even 
when the first noise source vector is not sent, the use of the second synthesized speech signal achieves higher speech 
quality than in the case of using the virtual reference speech signal. 

After the code of the current frame is sent in the code word sending line select step SP15, the coding of the frame 

55 isf inished in the next step SP1 6 and the coding of the next frame is started again with step SP1 0. In this way, the coding 
is repeated for each frame. 

Turning next to Fig. 2, concrete operations of the variable rate speech coding method of the first embodiment will 
be described. In the figure, reference numeral 1 denotes a speech signal input terminal, 2 a code output terminal, 3 LP 
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analysis means, 4 an adaptive sound source code book, 5 a noise source code book, 6 a synthesis filter, 7 optimum 
sound source select means, 8 code word sending line select means, 9 a virtual reference speech signal buffer, 10, 11, 
12 and 13 sound source select switches. 14 a synthesized speech signal output switch, 15 a reference speech signal 
select switch, 16 adaptive sound source gain select means and 17 a noise source gain select means. Reference char- 

s acter S1 denotes an input speech signal, S2 a LP parameter, S3 a virtual reference speech signal, S4 a first synthe- 
sized speech signal, S5 a second synthesized speech signal and S6 a sound source code book selection control signal. 

The input speech signal SI is actually input via the speech signal input terminal 1 , and a code sequence selected 
by the code word sending line select means 8 is output via the code output terminal 2. The input speech signal S1 is 
applied to the LP analysis means 3, from which the LP parameter S2 is output. The LP parameter S2 is quantized and 

io then sent as part of the code sequence. The adaptive sound source code book 4, the noise source code book 5, the 
adaptive sound source gain select means 16 and the noise source gain select means 17 are controlled by the sound 
source code book selection control signal S6 to output an adaptive sound source vector with no gain, a noise source 
vector with no gain, and adaptive sound source gain and noise source gain, respectively. When the code sequence is 
once selected, these means 4, 5, 1 6 and 1 7 remain in their output state until the start of the next selection. In this spec- 

15 ification, the adaptive sound source vector with no gain, the adaptive sound source gain and the noise source vector 
with no gain, the noise source gain are referred to generically as an adaptive sound source vector and a noise source 
vector, respectively, and their clusters are identified as an adaptive sound source code book and a noise source code 
book, respectively. 

The synthesis filter 6 is supplied with each sound source signal obtainable from a combination of the LP parameter 

20 S2 and the adaptive sound source vector or noise source vector and synthesizes the virtual reference speech signal S3 
and the synthesized speech signal S4 or S5. The optimum sound source select means 7 evaluate or assesses distor- 
tion of the synthesized speech signals S4 and S5 relative to the reference speech signal SI or S3 and, at the same 
time, adjusts and outputs the sound source code book control signal S6 to selectively use the adaptive sound source 
vector with no gain, the noise source vector with no gain, the adaptive sound source gain and the noise source gain so 

25 that the distortion of the synthesized speech signal S4 and S5 is minimized. The code word sending line select means 
8 is supplied with the input signal S1, the virtual reference speech signal S3 and the first and second synthesized 
speech signals S4 and S5 and controls the sending of the noise source code book index according to the speech quality 
of the signals input thereto and the results of their comparison with a separately computed threshold value. 

The virtual reference speech signal buffer 9 temporarily stores the virtual reference speech signal for selection of 

30 the sound source code book. The sound source select switches 10, 11, 12 and 1 3 controls the sound source vectors to 
be selected and their combination. The switch 14 is to select the destination of the synthesized speech signal, depend- 
ing on whether to generate the virtual reference speech signal S3 or to selectively generate the first and second syn- 
thesized speech signals S4 and S5. The reference speech signal select switch 1 5 selects either one of the input speech 
signal S1 and the virtual reference speech signal as a reference speech signal that is used for sound source selection. 

35 The adaptive sound source gain select means 16 and the noise source gain select means 17 respond to the sound 
source code book selection control signal S6 to adjust the gains for addition to the respective sound source vectors. 
The gains thus selected are coded and then sent. 

Next, a description will be given, with reference to Figs. 1 and 2, of the operation for each step. Since the LP anal- 
ysis step SP11 and the code word sending line select step SP15 in Fig. 1 correspond simply to the LP analysis means 

40 3 and the code word sending line select means in Fig. 2, respectively, no description will be made of them. The sound 
source code book search step SP12 begins with actuating the sound source select switches 10,11.12 and 1 3. the syn- 
thesized speech signal destination select switch 14 and the reference speech signal select switch 15 in Fig. 2 as 
described below. That is, the switch 10 is closed, the switch 1 1 is connected to its terminal b, the switch 12 is also con- 
nected to its terminal b and the switch 13 is closed. Further, the switch 14 is connected to its terminal b and the switch 

45 1 5 is also connected to its terminal b. 

With the switches connected as mentioned above, the synthesis filter 6 is supplied with a sound source signal that 
is an added version of the adaptive sound source vector and the noise signal vector and the optimum sound source 
select means 7 outputs the sound source code book selection control signal S6 to select the adaptive sound source 
vector and the noise source vector so that the distortion of the synthesized speech signal from the synthesis filter 6 is 

so minimized relative to the input speech signal S1 . As the result of the sound source code book search step SP12, the 
first synthesized speech signal S6 is obtained as the ultimate synthesized speech signal that is output from the synthe- 
sis filter 6, and in this case, the adaptive sound source vector and the first noise source vector are being selected which 
are used as the sound source signal of the synthesized speech signal. 

Next, in the virtual reference speech signal synthesizing step SP13 in Fig. 1 . the sound source select switch 10 is 

55 opened, the switch 1 1 is changed over to its terminal a. the switch 12 also to its terminal b and the switch 13 is opened. 
Further, the synthesized speech signal destination select switch 14 is changed over to its terminal a and the reference 
speech signal select switch 1 5 to its terminal a. In this instance, the adaptive sound source vector selected in the sound 
source code book search steps SP12 is input as a sound source signal into the synthesis filter 6, from which it is output 
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as the virtual reference speech signal, which is fed to the virtual reference speech signal buffer 9 and to the code word 
sending line select means 8. 

Next, in the second sound source code book search step SP14 in Fig. 1 , the switch 10 is closed, the switch 1 1 is 
changed over to the terminal b, the switch 12 also to the terminal b, and the switch 13 is opened. Further, the synthe- 

5 sized speech signal destination select switch 14 is changed over to the terminal b and the reference speech signal 
select switch 15 to the terminal a. In this instance, the synthesis filter 6 is supplied with a sound source signal that is an 
added version of the adaptive sound source vector and the noise source vector selected in the sound source code book 
search step SP12, and the optimum sound source select means 7 outputs the sound source code book selection con- 
trol signal S6 to select the noise source vector so that the distortion of the synthesized speech signal from the synthesis 

w filter is minimized relative to the virtual reference speech signal S3 held in the virtual reference speech signal buffer 9. 
As the result of the second sound source code book search step SP14, the second synthesized speech signal S5 is 
obtained as the ultimate synthesized speech signal that is output from the synthesis filter 6 and the second noise source 
vector is selected. 

While in the above Embodiment 1 has been described on the assumption that the noise source code book is built 

is by appending indexes to time-sequenced vectors obtained by a-priori learning or training or with random noise, the 
code book may also be constructed by other noise source coding schemes, for example, by the use of so-called alge- 
braic excitation codes disclosed in J-RAdoul, P.Mabilleau, M.Delprat and S.Morissette, "Fast CELP Coding Based on 
Algebraic codes," Proc. ICASSP *87, pp.1957-1960, 1987. 

As one of such speech coding systems employing algebraic excitation codes, there is proposed a CS-ACELP (Con- 

20 jugate- Structure Algebraic) system disclosed in A.Kataoka, S.Hayashi, T.Moriya, A.Kurihara and K.Mano, NTT R&D, 
Vol. 45, pp.325-330, 1990 and this system is now in use as an ITU-T G.729 8 kbps standard system. This system may 
also be used as a basic algorithm of coding for application to the variable rate speech coding method of the first embod- 
iment. The algebraic excitation source in ITU-T G.727 8 kbps standard system is represented by the positions and 
polarities of four pulses with respect to a subframe of a 5-msec period (40 samples). Where the pitch period is shorter 

25 than the subframe length, it is made to repeat at intervals of the pitch period. Moreover, a conjugate-structure gain 
quantization scheme is employed to provide increased robustness to errors. 

Referring now to Figs. 3 through 6, the effect of the use of the second synthesized speech signal will be described 
based on waveform observations in the case of using ITU-T G.729 system as the basic algorithm and algebraic excita- 
tion codes as the noise source, in Figs. 3 through 6 the signals corresponding to those in Fig. 2 are identified by the 

30 same reference characters. In the course of deriving the first synthesized speech signal S4 of Fig. 4 from the input 
speech signal S1 of Fig. 3, the first noise source vector takes the form of a pulse train that represents a fine sound 
source structure of the input speech signal S1 as well as a component that cannot fully be represented by the periodic- 
ity of the adaptive sound source vector. It will be understood that the first synthesized speech signal sufficiently follows 
the fine structure that the input speech signal S1 also has. 

35 In the case of synthesizing the virtual reference speech signal S3 through the use of only the adaptive sound 
source vector selected in the course of generating the first synthesized speech signal as shown in Fig. 5, the signal S3 
takes a simple waveform that substantially repeats with a fixed period and a fixed amplitude throughout the frame; 
hence, the signal S3 cannot make up for the insufficient representation of the periodic structure appearing in the input 
speech signal S1 . During suspension of the transmission of the noise source code book index in the conventional var- 

40 iable rate speech coding method, the virtual reference speech signal S3 is used intact as the synthesized speech signal 
output, so that the speech quality is seriously deteriorated. 

On the other hand, as shown in Fig. 6, in the case of the second synthesized speech signal S5, the second noise 
source vector serves to compensate for the insufficient periodicity representation of the adaptive sound source vector. 
It will be seen that the second synthesized speech signal sharply improves the periodicity representation as compared 

45 with the virtual reference speech signal S3 although it falls short of fully representing the fine structure. In this case, the 
polarity of each pulse of the second noise source vector an be made the same as the polarity of the virtual reference 
speech signal S3 at the corresponding position in the subframe. Hence, even when the algebraic excitation codes are 
used as the noise source, the decoding side can obtain the second noise source vector identical with that used at the 
coding side without any information about the pulse position and polarity. 

so In this example employing the C5-ACELP system, the transmission of only the position and polarity of the algebraic 
excitation code is suspended and during the period of suspending the transmission of the first noise source vector, the 
second noise source gain is transmitted after being subjected to conjugate structure gain quantization as usual. The 
suspension of transmission of the first noise source vector is decided for each frame. This permits reduction of 1 7 or 34 
bits from 70 bits per frame during the period of suspending the transmission of the first noise source vector in this exam- 

55 pie. 

According to Embodiment 1 described above, the second noise source vector, which makes up for the periodic 
structure of the sound source that cannot fully be represented by the adaptive sound source vector alone, can be uti- 
lized so that distortion of the synthesized speech signal is minimized relative to the virtual reference speech signal. 
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Hence, it is possible to implement a variable rate speech coding method that prevents the synthesized speech quality 
from serious degradation even while the first noise source code book index is not transmitted. 

[Embodiment 2] 

5 

Fig. 7 is a flowchart illustrating the variable rate speech decoding method according to a second embodiment of the 
present invention (Embodiment 2), which comprises a received signal sequence identifying step SP21, a first synthe- 
sized speech signal output step SP21 of outputting a first synthesized speech signal, a virtual reference speech signal 
synthesizing step SP23 of synthesizing a virtual reference speech signal, and a second synthesized speech signal out- 
10 put step SP24 of outputting a second synthesized speech signal. 

In the variable rate speech decoding method of this embodiment, the virtual reference speech signal synthesizing 
step SP13 is identical with step SP13 described previously in respect of the first embodiment, and hence a description 
of its operation will be brief. In this speech decoding method the same decoding procedure is repeated for each frame 
of the received code word sequence. Upon completion of the decoding of the previous frame, the received code word 
is sequence corresponding to the next frame is input and its decoding begins with the step SP20. 

In the received signal sequence identifying step SP21 , a check is made to see tf a noise source code book index is 
contained in the received signal sequence based on its length. When it is decided in this step SP21 that the noise 
source code book index is contained in the received signal sequence, a synthesized speech signal is output in the first 
synthesized speech signal output step SP22. In this step SP22 a sound source signal, which is generated from both of 
20 adaptive sound source and noise source vectors corresponding to the received sound source and noise source code 
book indexes, is Input into a synthesis filter constructed using an LP parameter sent as part of the received signal 
sequence, and the first synthesized speech signal is provided from the synthesis filter. 

When it is decided in step SP21 that no noise source code book index is contained in the received signal sequence, 
a second synthesized speech signal is created following the same procedure as that described previously with respect 
25 to the second noise source code book search step SP13 at the coding side in the first embodiment The procedure 
starts with step SP23 in which a virtual synthesized speech signal obtainable from only an adaptive sound source vec- 
tor corresponding to the received adaptive sound source code book index is input into the synthesis filter constructed 
using the LP parameter sent as part of the received signal sequence and a virtual reference speech signal is provided 
from the synthesis filter. 

30 Next, in the second synthesized speech signal output step SP24, a noise source vector, which makes an optimum 
combination with the adaptive sound source vector corresponding to the received adaptive sound source code book 
index, is selected by the aforementioned A-b-S method, as a second noise source vector, so as to minimize the distor- 
tion of the second synthesized speech signal relative to the virtual reference speech signal created in step SP23, and 
the second synthesized speech signal is output. Upon outputting the synthesized speech signal of the current frame 

35 through execution of the above steps, the decoding procedure of the frame ends in step SP25 and decoding for the next 
frame begins with step SP20. This is repeated for each frame. 

Turning next to Fig. 8, concrete operations of the variable rate speech decoding method of this embodiment will be 
described. The parts corresponding to those in Fig. 2 are identified by the same reference numerals. Reference 
numeral 18 denotes a code input terminal, 19 a synthesized speech signal output terminal, 20 LP parameter decoding 

40 means, 21 received signal sequence identifying means, 22 an input select switch, 23 and 24 sound source select 
switches and 25 a synthesized speech signal select switch. 

The received code is input from the code input terminal 18 and the synthesized speech signal is output from the 
synthesized speech signal output terminal 19. The LP parameter decoding means 20 decodes the LP parameter S2 
from the received signal sequence. Based on the length of the received signal sequence, the received signal sequence 

45 identifying means 21 decides whether the noise code book index has been sent, and the means 21 outputs the received 
signal for each frame. The input select switch 22 responds to the result of decision by the received signal sequence 
identifying means 21 to switch the control signal input to the sound source code books. The sound source select 
switches 23 and 24 responds to the result of decision by the means 21 to switch the sound source signal that is input 
into the synthesis filter 6. The switch 25 controls the destination of the synthesized speech signal from the synthesis 

so filter 6. 

Next, a description will be given, with reference to Figs. 7 and 8, of the operation of each step. Since the received 
signal sequence identifying step SP21 in Fig. 8 simply corresponds to the means 21 in Fig. 8, no description will be 
repeated thereof. In the first synthesized speech signal output step SP27, the input select switch 22 is connected to the 
terminal b. the sound source select switch 23 to the terminal a, the sound source select switch 24 to the terminal b and 
55 the synthesized speech signal select switch 25 to the terminal a. With the switches thus connected, the synthesis filter 
6 is supplied with a sound source signal composed of the adaptive sound source and the noise source vectors respec- 
tively corresponding to the indexes contained in the received signal sequence, and the synthesized speech signal by 
the synthesis filter 6 is obtained as the first synthesized speech signal S4. 
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In the virtual reference speech signal synthesize step SP23 all the input select switches 22, 23, 24 and 25 are con- 
nected to their terminals b. In this state, the adaptive sound source vector corresponding to the index contained in the 
received signal sequence is applied as a sound source signal to the synthesis filter 6 and the synthesized speech signal 
is obtained therefrom as the virtual reference speech signal S3, which is fed to the virtual reference signal buffer 9. 
5 In the second synthesized speech signal output step SP24 the switches 22, 23, 24 and 25 are all connected to their 

terminals a. In this instance, the synthesis filter 6 is supplied with the sound source signal produced by adding together 
the adaptive sound source vector corresponding to the adaptive code book index contained in the received signal 
sequence and noise source vectors that are sequentially output from the noise source code book. And the second noise 
source vector is selected so that the distortion of the synthesized speech signal from the synthesis filter 6 is minimized 
io relative to the virtual reference speech signal stored in the buffer 9 and the resulting synthesized speech signal is pro- 
vided as the second synthesized speech signal S5. 

According to Embodiment 2, even while the noise source vector is not sent thereto, the decoding side is capable of 
computing and using the second noise source vector described previously with reference to the first embodiment-this 
provides for enhanced quality of the output synthesized speech signal. 

15 

[Embodiment 3] 

While Embodiment 1 employs the SN ratio as the criterion of judgement of the signal quality in step SP15a, it is 
also possible to employ a numerical measure which permits measurement of a distortion or error between waveforms, 
20 such as a Cepstrum distance or the like. 

Although Embodiment 1 uses only the SN ratio in the threshold value computing step SP15b and in the threshold 
value comparison step SP1 5c, it is a matter of course that plural measures such as mentioned above can be used in 
combination. 

Embodiment 1 adopts a configuration that includes the decision as to whether to send the noise source code book 
25 index in the code word sending line select step SP15, but the same results as those in Embodiment 1 could also be 
obtained with a configuration wherein the output in sep SP15 is used as a flag indicating the possibility of suspension 
of transmission and a superior base band signal processing section ultimately decides whether to send the noise code 
book index. 

Further, according to Embodiment 2, the length of the received signal sequence is used to determine if the noise 
30 code book index is contained therein in step SP21 , but it is possible to utilize a construction wherein a superior base 
band signal processing section makes the check and required but fewest possible indexes are received together with a 
flag indicating the result of the check. 

While the preferred embodiments of the present invention have been described, they should be construed as being 
merely illustrative of the invention not as limiting it and it is apparent that many modifications and variations may be 
35 effected without departing from the scope of the novel concepts of the present invention. 

Claims 

1. A variable rate speech coding method for CELP speech coding system including an adaptive sound source code 
40 book (4) for storing an adaptive sound source vector repeating sound source signals of previous frames at intervals 
of a pitch period and a noise source code book (5) for storing noise source vectors, said method characterized by 
comprising the steps of: 

selecting and outputting said adaptive sound source vector and a first noise source vector from said adaptive 
45 sound source code book and said noise source code book so that a first synthesized speech signal (S4) with 

a minimum distortion relative to an input speech signal is derived therefrom; 

synthesizing a virtual reference speech signal (S3) by using a sound source signal generated from said adap- 
tive sound source vector; 

selecting a second noise source vector corresponding to said adaptive sound source vector so that a second 
so synthesized speech signal (S5) with a minimum distortion relative to said virtual reference signal is obtained; 

and 

suspending sending of a noise source code book index corresponding to said first noise source vector accord- 
ing to quality of said second synthesized speech signal. 

55 2. The method according to claim 1 , characterized in that the step of suspending the sending of said noise source 
code book index comprises the steps of: 

converting speech quality of each of said first and second synthesized speech signals and said virtual refer- 
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ence speech signal into a numerical representation relative to the input speech signal; 

calculating a threshold value for comparison through utilization of said speech quality of said first synthesized 

speech signal and said computed virtual reference speech signal; 

comparing said second synthesized speech signal with said threshold value; and 

deciding whether or not to send a noise source code book index corresponding to said first noise source vector 
according to a result of comparison. 

A variable rate speech decoding method for CELP speech decoding system including an adaptive sound source 
code book (4) for storing an adaptive sound source vector repeating sound source signals of previous frames at 
intervals of a pitch period and a noise source code book (5) for storing noise source vectors, said method charac- 
terized by comprising the steps of: 

generating a first synthesized speech signal from a sound source generated using both of an adaptive sound 
source vector and a noise source vector corresponding to an adaptive sound source code book index and a 
noise source code book index when they are contained in a received signal sequence; 
synthesizing a virtual reference speech signal from a sound source generated using said adaptive sound 
source vector corresponding to said adaptive sound source code book index when said noise source code 
book index is not contained in said received signal sequence; and 

selecting a noise source vector corresponding to an adaptive sound source vector indicated by said received 
adaptive sound source code book index so that a synthesized speech signal with a minimum distortion relative 
to said virtual reference speech signal is obtained, and outputting a second synthesized speech signal pro- 
duced based on result of said selection. 
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